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ABSTRACT

In this thesis, an optimal estimation algorithm, based on the Kalman Filter, is introduced
for data recovery of orthogonal frequency-division multiplexed (OFDM) signals
transmitted over fading channels. We show that the use of a zero prefix (ZP) along with a
fast Fourier transform (FFT) operation zero padded to twice the data length allows for the
recovery of subcarriers located next to a deep faded (at low signal-to-noise ratio [SNR])
values, exploiting all other subcarriers with higher SNR. The same approach is also
shown to improve demodulation in the presence of signal clipping due to high peak to

average power ratio (PAPR), as is often seen in OFDM signals.

The proposed method assumes prior knowledge of the channel, usually estimated

using the preamble. Testing was conducted for random channels with zero frequency
response at a random frequency @, and a signal in additive white Gaussian noise for

various conditions. Further testing was done with typical Stanford University Interim

(SUI) channels.

Additionally, the use of the method to recover OFDM signals based on the IEEE
802.11 and 802.16 standards was examined. Results show that the proposed optimal
estimation algorithm has very satisfactory performance compared to the standard OFDM

receiver algorithm.
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EXECUTIVE SUMMARY

Orthogonal frequency-division multiplexing (OFDM) modulation has become the method
of choice for numerous standards such as IEEE 802.11 and IEEE 802.16 in worldwide
digital television and many other applications. The reasons for its popularity are its high
data rate transmission and ease of demodulation in the presence of multipath fading

without the high complexity equalization required in single carrier modulation schemes.

In spite of its effectiveness and wide range of use, OFDM has two major
drawbacks. One is due to the fact that the received components from different paths may
add constructively at certain frequencies and destructively at others. This causes fading
for certain subcarriers, even in the presence of strong received signals, resulting in loss of
data at these subcarriers. The second drawback is due to the random nature of OFDM
transmitted signals which may present wide amplitude variations resulting in a potentially
high peak-to-average power ratio (PAPR). As a result, OFDM based transmitters are

designed to limit PAPR to avoid saturation in the amplifier stage.

In this research, we propose a method based on earlier work which uses an
OFDM symbol with zero prefix (ZP) instead of the standard cyclic prefix (CP), to
recover the data from faded subcarriers. This method uses a longer fast Fourier transform
(FFT) at the receiver than that applied in OFDM standard demodulation to exploit the

correlation between even and odd frequency components.

The proposed optimal estimation method is based on standard Kalman filtering
and combines a priori information of the transmitted symbols with observations made by
the FFT of the received data and demodulated non-faded subcarriers. In order to
distinguish between faded and non-faded subcarriers, we introduce the notion of an
optimal threshold in the frequency domain. Using this threshold, we can discriminate
between faded (with low signal-to-noise ratio (SNR) and non-faded (with high SNR)
subcarriers. From this point, the demodulated, non-faded subcarriers along with the
received signal comprise the observation information used in the optimal estimation

algorithm in order to recover the data from the faded subcarriers.

XV



This research goes one step further and shows that the same idea can improve the
signal demodulation in the presence of high PAPR. In this thesis we use the solution of
clipping by limiting the peak amplitude at the transmitter to some desired maximum
level. The chosen clipping method is based on the standard deviation of the transmitted
signal. From this reference point, the desired PAPR is the one that defines the maximum

allowed peak of the transmitted signal.

The efficiency of the proposed optimal estimation algorithm is tested in this thesis
for OFDM signals based on IEEE standards 802.11 and 802.16 for a number of channels.
Specifically we used channels under extreme conditions, meaning channels with absolute
nulls at one or more frequencies. However, more realistic channels have less severe
constraints as their frequency responses might attenuate some frequencies but, in general,
every subcarrier carries information. Thus, we also used the third Stanford University
Interim (SUI-3) channel model which has some line-of-sight (LOS) characteristics and
low spread as well as a modified version with non-line-of-sight (NOLOS) attributes.

Simulations were conducted using MATLAB.

The proposed algorithm was also tested under various PAPR conditions to

investigate its performances and efficiency for different clipping levels.

Simulations involve three major testing steps. The first step identifies the optimal
threshold, defined as that which gives the best results and the best symbol error rate
(SER). The second step simulates the algorithm for various channel conditions using the
optimal threshold. Finally, we use the optimal estimation algorithm for various PAPR

clipping values.

The algorithm performances are compared at every step to those obtained with the
standard OFDM receiver algorithm. Results show that the algorithm based on the
proposed method overall performs better. In some cases, the proposed optimal estimation
algorithm performs better even when the OFDM signal is extremely clipped, in order to
deal with the problem of PAPR, as compared to the standard OFDM receiver algorithm,

which uses the unclipped signal.
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l. INTRODUCTION

A. OVERVIEW

Orthogonal frequency-division multiplexing (OFDM) is a broadband modulation
method that allows transmission of high data rates over a wireless channel. OFDM has
advantages over traditional single-carrier modulation methods and has become the
method of choice for wireless technologies. Its main advantage is that it mitigates the
effect of multipath fading, which cause data errors in standard single carrier modulation
schemes. OFDM copes with this multipath problem by transmitting data in blocks of

narrowband subcarriers and suitable time guards.

Recall that one of the effects of multipath is frequency-selective fading, in which
each subcarrier has a different signal-to-noise ratio (SNR). As a consequence, the data in
the subcarriers corresponding to “nulls” in the channel frequency response might be lost

due to destructive interference between multipath receptions.
B. OBJECTIVES AND METHODOLOGY

It has been shown in [1] that by replacing the cyclic prefix (CP) with zeros, the
received signal has a particular structure that can be used to recover the data from faded
subcarriers. This is along the lines of recent work in [2], which addresses some
improvements in OFDM receivers. The scope of this thesis research is to improve this
method using optimal estimation techniques and test the effectiveness in a number of

channel conditions.

The main idea behind the proposed algorithm is the fact that in OFDM with zero-
prefix (ZP) the whole OFDM symbol (data plus prefix) is processed at the receiver,
unlike the standard OFDM with CP, which completely discards the received overhead. In
the proposed OFDM ZP case, the received data is processed by a double-length fast
Fourier transform (FFT), so that the correlation between even and odd frequency

components can be exploited to effectively recover data in the faded subcarriers.



The estimation method implemented in this thesis is based on standard Kalman
filtering. It combines a priori information of the transmitted symbols (in general a
quadrature phase-shift keyed (QPSK) or a quadrature amplitude modulation (M-QAM)
signal) with observations made by the FFT of received data and also by the demodulated,
non-faded, high SNR subcarriers. This research examines how accurately the received
signal can be recovered for various channel conditions. Simulations are conducted using

MATLAB.

A very important issue we address is the choice of an optimal threshold in the
frequency domain so that we can discriminate between faded (with low SNR) and non-
faded (with high SNR) subcarriers. A QPSK signal is sent through a deep-fading noisy
channel, and the aim is to find the optimal threshold so as to optimize the accuracy of the

results and minimize the errors.

When this phase is completed, the algorithm is implemented using SIMULINK
for real-time implementation and to verify that the results obtained are consistent with

those obtained in MATLAB.

An additional feature of the proposed algorithm is the fact that it can improve
performance in the presence of the high peak-to-average power ratio (PAPR) inherent in
OFDM signals by using clipping. Since clipping introduces wide band noise, faded
subcarriers with already low SNR values are more affected than non-faded subcarriers at
higher SNR values. The algorithm is tested for different channel conditions and different

levels of clipping to show the effectiveness of the proposed approach.

The same set of simulations are conducted for OFDM signals based on the IEEE
standards 802.11 and 802.16 for various channel models, including the Stanford

University Interim (SUI) channels.
C. ORGANIZATION

The thesis is organized into six chapters. A background discussion on OFDM
modulation and its use in current standards is provided in Chapter II. A method of

recovering the information lost in deep fading channels is discussed in Chapter III.

2



Simulations and results of the implementation of this method are presented in
Chapters IV and V. Finally, in Chapter VI, a summary of the work conducted in this

thesis, results, conclusions and suggestions for future studies are discussed.
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Il. OVERVIEW OF OFDM: CYCLIC PREFIX
AND ZERO PREFIX

The idea of the OFDM transmission technique is to split the total available
bandwidth B into many narrowband sub-channels at equidistant frequencies. The sub-
channel spectra overlap each other, but the subcarrier signals are still orthogonal. The
single high-rate data stream is subdivided into many low-rate data streams for the sub-
channels. Each sub-channel is modulated individually and transmitted simultaneously in

a superimposed and parallel form.

In standard OFDM, the transmitted signal is additionally extended by a cyclic
prefix (so-called guard interval) of length exceeding the maximum multipath delay in
order to avoid inter symbol interference (ISI), as may occur in multipath channels in the

transition interval between two adjacent OFDM symbols.

In this thesis we use an OFDM symbol with ZP instead of using CP. This method,
with the use of a longer FFT at the receiver, can reliably recover subcarriers with low

SNR due to deep fading noisy channels using FFT properties.

In spite of its effectiveness and wide range, OFDM modulation has two major
problems. One is due to the fact that received components from different paths may add
constructively at certain frequencies and destructively at other frequencies. This behavior
causes fading for certain subcarriers even in the presence of strong received signals, with

resulting low SNR at these subcarriers.

The other drawback is the random nature of OFDM transmitted signals. Unlike
single-carrier QPSK signals where the carrier has a constant magnitude, OFDM signals
are more like pseudo-noise and present wide amplitude variations. This is quantified by
the PAPR which is large for OFDM signals and forces a reduction in the transmitted

power to avoid saturation in the amplifier at the transmitter.

These two issues are at the center of the proposed approach.



A OFDM SYMBOL

In OFDM each transmitted signal can be defined as
s(t):Re{e””FCtx(t)} (1)

where F is the carrier frequency. The complex baseband signal is subdivided into time

intervals of length T, Within the m-th time interval the signal Xx(t) is defined as

Symbol *
X(mTSymbol + t) =X (1) = Z\:‘ Ckejz”kAFt O<t< TSymboI (2)
k=——F
2

k#0

where N is the number of subcarriers, C, depends on the transmitted data and AF is

defined below. The parameter Ty, ., is the symbol length and consists of the guard

interval T, and data interval Ty :
TSymboI = Tg +Tb' (3)

In order to guarantee the subcarriers to be mutually orthogonal, we choose the

difference between the subcarrier frequencies to be integer multiples of

AF = )
Tb

In this way, orthogonality of the subcarriers can be easily verified as

1o TR 1 ifk =1
(5)

L j pI2Rtg-i2aftgy — 1 J‘ eiZﬁ(k—l)AFtdt: . .
T T 0 ifk =1

b 1, b 1

For a linear time-invariant (LTI) channel, at least within the symbol duration, and

for a guard interval T, greater than the time spread, the subcarriers are still orthogonal at

the receiver and defined by

y(t)=chH (F)el*™ T, <t<T +T,, (6)
k

6



where H ( F) is the frequency response of the channel.

This leads to a very simple discrete time implementation by letting F, be the
sampling frequency, N be the number of data samples in each symbol and

AF = 1/ ( NT ) =F; /N be the subcarriers spacing. Then (2) becomes

N N
5 3
X(nTs)=ﬁ EN‘, ce zﬁ Z'; ce N n=0,..,L+N-1, 7

where T, = LT; is the length in time of the guard interval.

To complete the pre-coding necessary for OFDM, we use the inverse fast Fourier

transform. After dropping the block index M for ease of notation, we get

Ne Ne
1 & ik 1 Jk— L - J(N+k)2Zn
x[n+L]=— ce N =— C N
N ZN: K NKZ:: N Zh; :
k= =y , (8)

N-1 -”

Zx W= IFFT {X K]}

z|~

where X [k] =C, is for positive subcarriers (k>0), X [N +k] =C, is for negative
subcarriers (k<0) and X[k]=0 for k =0.

From (2) and the subcarrier frequencies being multiples of AF in (4), we see that

the data transmitted during the guard interval is a periodic repetition, where the CP are

the last L points of the IFFT {X [k]}.

The demodulation of the OFDM signal is obtained by the convolution of the

channel impulse response and the signal as



y[n+L]:h[n]*x[n]=h[n]*iNflx[k]ei%kN
» ©)
S HIMXE = T (X )
which leads to the result
HIk|X|k|=FFT{y[L[,...,y|L+N-1
KX [K]=FFT {y[U,.y[L+N 1) N

with H[k]=FFT{nh[0].....h[L-1],0,...,0} k=0,..,N-1

The block diagram of an OFDM communication system is illustrated in Figure 1.

X[0]
¥ X;[l] — IFFT s +CP » PIS
X[N-1] ' - s !
I[ I ¥eL Hn]
HI0]XT0] win] —(H)
H[11X[1]

¥F= 4+ — FFT -CP S/P

HY- (-1 I 0 || C-—
N+L

Figure 1.  Block diagram of an OFDM communication system. From [3].




The received signal is of the form
Y[K]= H[K] X[K]+W[K] (1)

where W [k] is the FFT of the additive noise W[ n]. If the channel frequency response is

known, the transmitted signal X [k] can be recovered using a standard Wiener filter as

x[k]:‘ H k] Y[k]. (12)

HIK] + o,

The limitation to this approach is that the information in the CP is completely

discarded at the receiver and just treated as overhead [3].

The method described in this thesis requires a ZP OFDM symbol and is described
further in Chapter III. The main idea is that each transmitted data symbol

X[O],...,X[IVI —1] is followed by a block of L zeros (the ZP) rather than repeating the
signal values X[O],...,X[L—l].

Although all standards available today are based on the CP, it has been shown in
[1] that simple processing of an OFDM-CP signal results in an OFDM-ZP signal.

The transformation from a CP OFDM signal Yo [n] into a ZP OFDM signal is
obtained by subtracting a delayed version of the signal from itself as
yzp[n]:ycp[n]_ycp[n_M]- (13)

In Figure 2, it can be seen how CP terms cancel out since the data in the CP is the

same as the data at the end of the OFDM symbol.



CP1 OFDM SYMBOL 1 CP2 OFDM SYMBOL 2

CP 1 OFDM SYMBOL 1 CP 2

OFDM SYMBOL 1 WITH

PHASE SHIET zP NEW OFDM SYMBOL

Figure 2. A delay of M points results in a phase shift of the first OFDM symbol with
a ZP and new symbols subsequent to that. From [1].

Note that data blocks may be mapped to the individual subcarriers according to a
number of standards, each suitable to a different application. In this research we refer to
two widely used standards: IEEE 802.11 for local area networks (LAN) and WiFi and
IEEE 802.16 for wide area networks (WAN) and WiMax. The two standards are briefly

described in the next section.
B. OFDM STANDARDS
1. IEEE Standards 802.11 and 802.16

The IEEE 802.11a standard describes an OFDM physical layer that uses 52
subcarriers to transmit data. Four of the subcarriers are pilot subcarriers, and the
remaining 48 carry the data to be transmitted. The frequency spacing AF is 0.3125
MHz, where the guard interval is 0.8 A6 and the data interval 3.2 £8. In Figure 3, we can

see the mapping of the IFFT inputs to the time-domain.

10



NULL ]

X

63

IFFT
Frequency Time

Figure 3.  Mapping of the IFFT inputs to time-domain outputs for 802.11a. From [3].

A number of wvariations and modulations have been introduced. These

amendments improve the initial standard.

The IEEE 802.11g standard is an amendment to the IEEE 802.11 specification
using the 2.4 GHz band to include OFDM. The input structure is the same as for IEEE
802.11a but with a lower carrier frequency. 802.11g is more promising due to the larger

operating distance.

The IEEE 802.11n standard improves the previous standards using multiple-input-
multiple-output (MIMO) antennas to achieve higher throughput and operates at both 2.4
GHz and 5 GHz. It can achieve a maximum data rate of 600 Mbps.

The IEEE 802.16 standard specifies the air interface for broadband wireless
access (BWA) systems. The IEEE 802.16 medium access control (MAC) protocol is
designed for point-to-multipoint BWA systems and for very high bit rates for both uplink
and downlink [4].
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In Table 1 the parameters set by IEEE 802.16 standards for the OFDM signals is

listed.
Table 1.  Parameters for IEEE 802.16 (OFDM only). From [3].
802.16-2004 802.16e-2005
Frequency Band 2GHz-11GHz 2GHz-11GHz fixed
2GHz-6GHz mobile
OFDM carriers OFDM: 256 OFDM: 256
OFDMA: 2048 OFDMA: 128, 256, 512,1024,
2048
Modulation QPSK, 16QAM, 64QAM QPSK, 16QAM, 64QAM
Transmission Rate 1Mbps-75Mbps 1Mbps-75Mbps
Duplexing TDD or FDD TDDor FDD
Channel Bandwidth (1,2,4,8)x1.75MHz (1,2,4,8)x1.75MHz
(1,4,8,12)x1.25MHz (1,4,8,12)x1.25MHz
8 75MHz 8.75MHz

In Figure 4, the subcarrier allocation is illustrated for the case of N = 256

subcarriers. All other settings (N =512, 1024 or 2048) follow a similar structure.

12
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Figure 4.  Mapping of the IFFT inputs to time-domain outputs for 802.16 for N=256

subcarriers. From [3].
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1. OPTIMAL ESTIMATION FOR DATA RECOVERY IN THE
PRESENCE OF DEEP FADING CHANNELS

In the previous chapter, we have seen that typical wireless channels can be subject
to deep fading which, in turn, affects data transmission in a portion of the spectrum. This
is particularly important in OFDM where a block of data is transmitted through a number
of subcarriers, each occupying a small part of the spectrum. A fading channel in this case

causes errors in the data transmitted in the “deep faded” subcarriers.

It was proposed in [1] that by using an OFDM modulator with ZP and a longer
FFT size at the demodulator, even and odd subcarriers of the received OFDM symbol can

offer sufficient redundancy so that the lost data can be recovered.

The algorithm presented in [1] is a simple deterministic implementation which
does not take noise characteristics into account and leads to results which are fairly

sensitive to noise at the receiver.

In this chapter, we briefly review the method proposed in [1] and introduce an
optimal estimation method (based on the Kalman Filter) which can be used to achieve

better results.

A. DATA RECOVERY FROM A FADED SUBCARRIER USING NULL
ESTIMATION

In OFDM with ZP, each transmitted symbol can be written as

x=[ x[0].X[1],....x[M -1],0,...,0] (14)

where X is a vector of length P which includes the data symbols X[O],. . X[M —1] and

the ZP of L zeros at the end. Although “prefix” indicates “before the symbol”, in this
case we use a “suffix” after the symbol for convenience. The distinction is actually

immaterial since in both cases we simply alternate data and zeros.

The M point DFT and the 2M point (zero padded) discrete Fourier transform
(DFT) of the transmitted data are defined as

15



Xy [k]=DFT{[x[0],...x[M =1]]}, k=0,..,M -1 (s
Xy [m]= DFT{[x[0].....x[M -1]],0,0,..,0}, m=0,..,2M -1

where M zeros are added to X before the 2M point DFT is taken.

The block diagram of a ZP OFDM communication system is illustrated in

Figure 5.

XT0)
x) || NPOINTS

¥

IFFT +ZP | PIS

XIV-1] I [ _ [ -
ER [CO (S
Al h[n]

H[olX[0] ] win] —H

X=

HI11XT1] ) CHOOSE 2N POINTS
r= : W == EVEN FET SIP
) INDICES
HIN-11X[N-1] ilm [
Ik —

Figure 5.  Block diagram of a ZP OFDM communication system. After [3].

Then, as discussed in [1], even and odd frequency components in the 2M DFT

are related to each other. In fact, for any odd index k we can write

ST W [K-1]+ X, [KJW 0] =0, (16)

| even

where W[n] is defined as
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W[n]:{o | ifOSnSM—l, W)
I ifM<n<2M -1
and its 2M points FFT is defined as
W [k]=DFT {w[n]}. (18)
The relation in (16) is due to the fact that
x[n]w[n]=0 foralln=0,...,2M -1, (19)

and the DFT of the product is the circular convolution of the respective DFTs. The DFT

of W[n] can easily be computed as

Wik]= Y e (20)
where
W [k]=0 fork even (21)
and
W[0]=M. (22)

Since in (16) | is even and k is odd, we let k =2m+1 with m=0,....M —1 and,

neglecting the noise term, rewrite (16) as

Y[2m+1]

m__“g‘w[z(m_u)ﬂjxm ], 23)

where C[k],k =0,...,2M —1 are the 2M points DFT of the channel’s impulse response.

We used the fact that the M point DFT of X[n] corresponds to the even components of

the zero padded 2M point DFT of x[n].
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Setting any given threshold, to be determined, we partition the transmitted data
into two parts as

X [1]= X, [1]+X_[1].

(24)
with
X {1 if |Y]|2l|/>threshold
X.[1]= []1 ¥ [21] > thresho o5
0 if [Y[2I] <threshold
and
X (1] if |Y [2l] <threshold
) =X v[21] | 6
0 if [Y[2I] > threshold
Now, we can write (23) as
Y[2m+1] e
Clm+1 ——Zw[z m-1)+1]X,[1] —MIZ_O:WP(m—I)H]X_[I]. (27)
Define the following two M point IDFTs:
w, [n] = IDFT {w [2k+1]}:—e_j;n‘ 28)
x.[n]= IDFT {X_[I];
Using the definitions in (27), we get
Y[2m+1]
WZ—DFT{WO[”] . [n]} = OFT {w; [n]x [n]}. (29)

If we take the inverse discrete Fourier transform (IDFT) and divide both sides by
the term W, [n], we get

x_[n]:—WOl[n] IDFT{EEEiH}—xJn]. (30)

Finally, the data recovered at, or close to, the nulls of the channel is
18




X_[1]=DFT {x_[n]},1=0,..,M —1. (31)

Thus, (31) shows that we can recover data transmitted through subcarriers with
zero or close to zero frequency response of the channel [1]. However, this algorithm can
be fairly sensitive to noise, and in the next section, we present an improvement based on

Kalman filtering estimation.
B. OPTIMAL ESTIMATION ALGORITHM

In this section, we recall some of the relevant results in linear optimal estimation.
These results are at the base of the Kalman filter, which provides the main equations in
the optimal estimator. In particular, consider the case where we want to estimate a

random vector X based on an observation vector Y linearly related to X as

~

<

~CX+V (32)

where V_ represents random noise with zero mean and covariance R, independent of X.

Also, we have a priori knowledge of the vector X in terms of its expected value
X, =E{X]} (33)

and its covariance matrix

P,= E{(A—Xo)(A—XO)H}. (34)

[5]
X=X, +K(¥-CX,) (35)

where

K=RC"(R+CRC")’ (36)
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is called the Kalman gain.

If we define the covariance matrix
A A\ H
P-E|(x-X)(x-x)"} 67)
then we can compute the covariance of the estimate as

P:PO—POCH(R+CPOE”)CPO. (38)

For this thesis we need to estimate X_[|i], I=1,...,K,,, which is the data associated
with the carriers with SNR below a certain threshold. Although this can be applied to any

signal constellation, we assume for simplicity that each X [k] has a QPSK sequence

with zero mean and unit power. In order to determine the observation vector Y, we

combine the received signal y[n] withn=0,...,P—1 and its 2M point DFT as

Y [k]=DFT {y[n]}, k=0,...,2m-1. (39)

Given that the data X, [k] from the subcarriers with high SNR can be demodulated

with very low probability of error, from (27) we have

v [am 1]+ SLMEN Zw[z m-1)+1]X, [1]=

Cl2m+1 (40)
m+]zw[2 ~1)+1]X_[1I]+V[2(m+1)]

The a priori information on X_ [k] is based on the fact that, for both BPSK with
X= {—1,+1} and QPSK where X = {i y\/zi jyﬁ}, the mean is given by
X,=E{X}=0 (41)
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and the covariance
E{(X—XO)2}:E{|x|2}=1. (42)

Assuming that all the data samples X [k] are independent of each other, we see that the

covariance matrix is diagonal with unit values, which leads to
P =l (43)

For the noise, since the received data block has length P=M+L, the
corresponding noise term v[n] withn=0,...,P—1 is assumed to be white with zero mean

and covariance
E{v[n]'}=o (44)
Therefore, the 2M point DFT is defined as

VK=Y v[ne " k=0,..,2M -1, (45)

which leads to the covariance matrix expression for the noise vector

V[k] withn=0,...,2M —1 in every block as

RIT=E{V[K]V'[k-1]} =

g 22 kn, jzi(k")nz ’ (46)

non
P-1 27 .27 P-1 V4
—j=—kn j=—(k-I)n —j—In
2 2
o E e M g:2M =0 E e M
n=0 n=0

Applying the geometric series outcome to the last equation in (46) leads to
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R[l]=0?——, 1=0,....,2M —1. 47)

Since (32) and (40) involve only odd frequency terms, we obtain the covariance

matrix expression as

v{1]
R=EWT)E( i VI V) e Vi)
V [2M -1]
R[0O] R[2] - RI2M -2] : (48)
R[ZM_Q] Rto]

From (35), (36), (41) and (43), we get

X =K

|=<<a

(49)

where
K=C"(R+CC") . (50)

In (49), X is the estimate of X_[li], the vector of subcarriers with SNR lower

than the threshold, and Y is the information that we observe. Specifically, the observation

vector, involving the received signal and the demodulated subcarriers with high SNR, is

defined as
Y =[¥[0]....Y[M-1]] , (51)

where

[2m+1

Yiml=Y[2m+1]+ Zw[z m—1)+1]X,[1]. (52)
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Note that the matrix C included in (50) is an expression depending on indices
m and i, where m=0,....M —1 and i are the indices of the data associated to the carriers

with SNR below a certain threshold.

Specifically, we can define the matrix C [m,i] as

clm.i)=-SM o m oty (53)

where m=0,..,M -1 and i is the index of the data associated with low SNR

subcarriers. The length | is K. Eventually, this will lead to a matrix C[m,i] of

dimensions M xK,.

In the Kalman gain defined in (50), the matrix C, has many more rows than

columns. As a consequence, the dimension of CC" is much larger than the dimension of
cHC.
As will be explained below, (50) can also be rewritten as

-1

C"(R+CC") " =(1+C"R"C) C"R" (54)

where the inverse matrix expression present in the right hand side of the expression has a
much lower dimension than the inverse matrix expression present in the left hand side of

the expression.
In order to see this, notice that for any matrix C we have
cfa+CccHy'=qa+Cc"cy'c. (55)
This result follows from the identity

(1+CHC)CH(1+CHC)! =(C" +C"CC" )1 +C"C) ' =

LT RO (56)
CH(1+CCH)(1+CHC)"' =C
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Now, any positive definite matrix R can be written as the product
R=Q"Q.
So, now we have
Ct@a+CC")y'=C"(@Q"Q+CC")" =
cr (Q(l +(Q")” 65HQ‘1)Q)‘1 _
cH Q—l (l + (QH )*1 ccH Q—l )(QH )*1
Applying this result to formula (54), we get
—_— _ —_— _1 —
(I +CHQ71 (QH ) 1c) CHQ71 (QH ) 1.
Finally, we get

-1

C"(R+CC") " =(1+C"R"C) C"R"

which is the desired equality.

SUMMARY OF THE PROPOSED OPTIMAL ALGORITHM

(57)

(58)

(59)

(60)

A summary of the algorithm steps is given here. Let M and L be the lengths of

channel impulse response. Then:

the FFT and the prefix. Also, let Clkl.k=0,..2M =1 p¢ the 2M point FFT and the

Step 1: Given each received OFDM symbol y[n], n=0,...,M+L-1, compute

its zero padded 2M point FFT Y [k]= FFT {y[n],n=0,...,2M —1}.

Step 2: Partition the indices k=0,..,M —1 into K, and K according to the

expression

| [2k, ]| > threshold
|¥ [2k_]| <threshold -
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Step 3: Demodulate the subcarriers labeled by K, (the ones with high SNR) as

B Y[2k,]
X [k,]=MQAM {C[2k+]}'

C[2m+1]

Step 4: Form the matrix C[m,i]=- W[Z(m—li)Jrl].

~ ~ ~ ~ T
Step 5: Form the observation vector Y as Y = [Y [O],...,Y [M —1]] .

Step 6: For each subcarrier K with low SNR, Ilet X[k_]sz with
~HE-1~) ! AH -1

K=(1+C"R'C) C"R""
Step 7: Demodulate the subcarriers with low SNR as

X[k ]=MQAM {X[kf]}.

25



THIS PAGE INTENTIONALLY LEFT BLANK

26



IV. |EEE 802.11 OFDM IMPLEMENTATION

In this work, we do not include nulls or pilots in the OFDM symbols as is the case
of the OFDM symbol format described in the IEEE Standard 802.11a. This choice was
made to test the proposed concept of null estimation without having to worry about the
effects of the nulls in the OFDM symbol. In addition, we assume full knowledge of the

channel characteristics.

Three sets of simulations were conducted. First, a fading noisy channel was used
for a QPSK signal. We used random channels, all with zero frequency response at a
specific random frequency @,, changing for every block of data. This condition was
selected to simulate a continuous random fading channel. The threshold was set in terms
of the SNR of each single subcarrier so that by setting thresh dB =10 dB (say) all
received subcarriers above (below) the threshold have an SNR larger (smaller) than
10 dB. This condition was selected to compare the efficiency of the proposed optimal

estimator to that of the standard OFDM receiver algorithm. The same simulation was also

conducted using SIMULINK for real-time implementation.

The second set of simulations investigated the identification of the optimal
threshold. Here, the goal was to identify a threshold value that leads to the smallest
symbol error rate (SER). For simplicity, we also used random channels, all with zero

frequency response at a specific frequency @,. Results showed that for specific SNR ;,

a different threshold should be used for best performance.

The third set of simulations investigated PAPR clipping and its effect on the SER
and compared results to those obtained with the standard OFDM receiver algorithm. The

PAPR values used for the simulations were 5 dB, 6 dBand 7 dB, in the sense that all

signal values larger than the sum of the standard deviation value of the signal plus the
PAPR level, in dB, are clipped. A noisy, non-deep fading channel was used in this

scenario. This modification does not affect the generality of the results.
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A EFFICIENCY OF THE KALMAN FILTER ALGORITHM

For testing, we used random channels, all with zero frequency response at a
random frequency @,. A snapshot of the channel frequency response is shown in
Figure 6. We can see a situation in which the information at subcarrier @, is completely

lost even at very high SNR.

Figure 6.  Channel frequency response with null at a random frequency w.
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Figure 7. Comparison of the IEEE 802.11 standard QPSK symbol error rate between
a standard OFDM receiver algorithm and an optimal estimation (based on
the Kalman filter) OFDM receiver algorithm.

The performance of the standard algorithm (dashed line) is compared with that of
the proposed algorithm (solid line) in terms of SER versus SNR in Figure 7. The
proposed optimal OFDM receiver algorithm performs as expected. It is noticeable that
above 25 dB the standard OFDM receiver algorithm remains constant at 11.8x10~ SER
due to the information lost in the deep faded subcarriers, where the channel frequency

response has a null, but the proposed algorithm is able to recover the data, improving the

SER.

A QPSK signal transmitted through a noisy channel was simulated in SIMULINK

to test a real-time implementation. We used random channels, all with zero frequency
response at a predefined random frequency ®- The random frequency ® was selected
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and kept constant throughout the simulation. Results showed that the SER obtained with
the SIMULINK simulation matched those obtained with the MATLAB implementation.

B. THRESHOLD IDENTIFICATION
For simplicity, in this case we used channels, all with zero frequency response at a

specific fixed frequency @,. An example of channel frequency response is shown in

Figure 8.

IC(w)]

Figure 8.  Channel frequency response with null at @ = 0.589 radians.

In order for the optimal threshold value to be identified, tests were conducted for

a specific SNR ;; and a range of thresholds. Tests showed that the optimal threshold is

dependent on the signal SNR.
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Figure 9.  Comparison of the IEEE 802.11 standard QPSK SER between different
threshold values for optimal estimation (based on the Kalman Filter) OFDM
receiver algorithm.

In Figure 9, SER values for different threshold values used with the optimal
estimation OFDM receiver algorithm are presented. It can be seen that the best SER

results are achieved for different threshold depending on SNR ;.
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The case of SNR,, =20dB and a threshold range between -50 dB to 20 dB is

illustrated in Figure 10. We notice that the best results are obtained around a 5 dB

threshold value. In Figure 11, results obtained for SNR , =20 dB and a threshold range

from 0 dB to 10 dB are presented. Results show the best performance is obtained for a

threshold value equal to 4 dB.

Table 2. Optimal threshold values for specific SNR ; values.

Thresholdgg | 4 5 6 7 8

SNRgp 15-19 | 20-24 | 25-30 | 31-35 | 36-40

In Table 2, optimal threshold values obtained for specific SNR values are
shown. We conclude that we must adjust the threshold depending on the SNR ; in order
to get best SER results.

C. PEAK-TO-AVERAGE POWER RATIO

1. Introduction

An OFDM signal consists of a number of independently modulated subcarriers.
These subcarriers when added up coherently can lead to a large peak-to-average power
ratio. Moreover, they produce a peak value that can be up to N times the root mean

square (RMS) value when N signals are added with the same phase [6].

A large PAPR is a drawback inherent in OFDM signals. For example, the
complexity of the analog-to-digital and digital-to-analog converters is increased and the

efficiency of the radio frequency (RF) power amplifier is reduced.

Several techniques have been proposed to reduce the PAPR. The first category of
techniques consists of signal distortion techniques, which reduce the peak amplitudes

nonlinearly, distorting the OFDM signal at or around the peaks. These techniques include
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clipping, peak windowing and peak cancellation. The second category involves coding
techniques that use a forward-error correction code set that excludes OFDM symbols
with a large PAPR. The third category is based on scrambling each OFDM symbol with
different scrambling sequences and selecting that sequence that gives the smallest

PAPR [6].

In this work, we reduce the PAPR by clipping the peaks.

2. Clipping

The simplest approach to reduce the PAPR is to clip the signal, which results in
limiting the peak amplitude to some desired maximum level. Although clipping is the
simplest solution, there are a few problems associated such as self-interference and SER
degradation. Moreover, the nonlinear distortion of the OFDM signal increases the level of

the out-of-band radiation [6].

For the MATLAB implementation and simulations, the signal standard deviation
was taken as the reference value. From this point, the desired PAPR in dB is the quantity

which defines the maximum allowed peak. The formula used is

— UX . IO(PAPRdB /20) (61)

b

max ..,

where o, is the standard deviation of the signal.
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Figure 12.  Signal before and after clipping.
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In Figure 12, 400 points of the input data are illustrated. The clipping was
performed for PAPR; =6 dB based on (61).

For the simulation, a noisy non-deep fading channel was selected and a QPSK

signal generated for a range of SNR; values between 20 dB to 30 dB.
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Figure 13.  Frequency response of the channel used for the simulation.
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Figure 14. Comparison of the IEEE 802.11 standard QPSK SER with a standard
OFDM receiver algorithm and optimal estimation (based on the Kalman
filter) OFDM receiver algorithm for different cases of PAPR clipping.
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In Figure 13, results obtained with this scheme are illustrated. The performance of
the standard algorithm (dashed line) is compared with that of the proposed algorithm
(solid line) in terms of symbol error rate versus SNR for different values of PAPR in dB.
Specifically, the values that were chosen for the maximum clipped PAPR were
5 dB, 6 dB and 7 dB. Note that a larger SER results when the clipping increases. Results
show that the proposed optimal algorithm overall performs better since its SER is lower

than that obtained with a standard OFDM receiver algorithm for all SNRs investigated.
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V. |IEEE 802.16 OFDM IMPLEMENTATION

In previous chapters, we developed an OFDM ZP receiver to recover data from
channels with nulls at one or more frequencies. Channels used for testing were sort of

extreme in the sense that they have absolute nulls at one or more frequencies.

More realistic channels have less severe constraints. Their frequency responses
might attenuate some frequencies, but in general, every subcarrier carries information. In
this section we test whether the added complexity of the proposed algorithm is of any

benefit in less severe and more realistic situations.

In what follows, testing was extended to include the case of an OFDM signal
based on the 802.16 IEEE Standard. This specific configuration was chosen since a

number of standard channels describing different environments are widely available.

As investigated in the IEEE 802.11 standard scenario, we first identify an optimal

value for the threshold and then test the proposed scheme on different channels.
A. THRESHOLD IDENTIFICATION

For this thesis, we generated a signal with M =256 data sub-carriers and a zero

prefix of length L =32.

First, we identified the optimal threshold value. For the case of the 802.16 OFDM
signal, we chose SNRs in the range between 20 and 30 dB. Results obtained for SNR
equal to 26 dB are presented in Figure 15 and Figure 16.
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between 4 dB to 8 dB.
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From the results, we can see that the best performances are obtained around a

5 dB threshold value. In Figure 16 results obtained for SNR, =26 dB and a threshold
range between 4 dB to 8 dB are shown. In this case, best results are achieved for the
value of 5 dB.

B. EFFICIENCY OF THE KALMAN FILTER ALGORITHM

The next phase compares the efficiency of the optimal estimation algorithm to
that of the standard OFDM receiver algorithm. Two simulations were conducted, the first
used random channels, all with zero frequency response at a random frequency @,

changing for every block of data, and the second used random channels, all with zero

frequency response at a specific frequency @,.

IC(w)I

Figure 17. Channel frequency response with null at a random frequency @,.
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Figure 18. Comparison of the 802.16 standard QPSK SER with a standard OFDM
receiver algorithm and optimal estimation (based on the Kalman filter)
OFDM receiver algorithm.

In Figure 17, a snapshot of the channel frequency response is shown. The
performance of the standard algorithm (dashed line) is compared with that of the
proposed algorithm (solid line) in terms of symbol error rate versus SNR, and the results
are presented in Figure 18. Results show that the optimal estimation OFDM receiver

algorithm performs better than the standard OFDM receiver algorithm.

In Figure 19, a snapshot of a channel frequency response, with null at @ =0.589
radians is shown. The QPSK symbol error rate values obtained for SNR values between
20 dB to 30 dB for the standard OFDM receiver algorithm and the optimal estimation
(based on the Kalman filter) OFDM receiver algorithm are presented in Figure 20. We
conclude that the optimal estimation OFDM receiver algorithm performs better than the

standard OFDM receiver algorithm.
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Comparison of the IEEE 802.16 standard QPSK SER with a standard
OFDM receiver algorithm and optimal estimation (based on the Kalman

Figure 20.

filter) OFDM receiver algorithm.

43



C. PEAK-TO-AVERAGE POWER RATIO CLIPPING

In this simulation phase, we use a noisy non-deep fading channel and a QPSK
signal for a range of SNR values from 20 dB to 30 dB. The channel model was

identical to that selected in the 802.11 OFDM signal case considered earlier.

The results are illustrated in Figure 21.
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Figure 21. Comparison of the IEEE 802.16 standard QPSK SER with a standard
OFDM receiver algorithm and optimal estimation (based on the Kalman
filter) OFDM receiver algorithm for different cases of PAPR clipping.

The performance of the standard algorithm (dashed line) is compared to that of
the proposed algorithm (solid line) in terms of SER versus SNR, for different values of
PAPR in dB. The values that were chosen are 5 dB, 6 dB and 7 dB. Note that the
errors increase with clipping level. Results show that the proposed optimal algorithm
overall performs better. In addition, they show that the symbol error rate is still lower
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when using the proposed scheme and clipping is applied to reduce the PAPR effect than

when using the standard OFDM receiver algorithm.
D. STANFORD UNIVERSITY INTERIM (SUI) CHANNELS

In this section, we test the algorithm for more realistic channels. In particular,
there are six channel models that represent three terrain types. They also represent
various Doppler spreads, delay spread and line-of-sight (LOS) / non-line-of-sight
(NOLOS) conditions that are typical of the continental United States. These models can
be used for simulations, design, development, and testing of technologies suitable for

fixed broadband wireless applications [7].

As we see in Table 3, the maximum path loss category is the hilly terrain with
moderate-to-heavy tree densities (Category A). The intermediate path loss condition is
referred as Category B. The minimum path loss category is mostly flat terrain with light

tree densities (Category C) [7].

Table 3.  Terrain type and Doppler spread for SUI channel models. From [7].

Channel | Terrain Type Doppler Spread LOS
Spread
SUI-1 C Low Low High
SUI-2 C Low Low High
SUI-3 B Low Low Low
SUI-4 B High Moderate | Low
SUI-5 A Low High Low
SUI-6 A High High Low
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Figure 22.  Generic structure of SUI channel models. From [7].

The generic structure for the SUI channel model is shown in Figure 22. This
structure is applicable for multiple-input-multiple-output (MIMO) channels. It also
includes configurations to accommodate the single-input-single-output (SISO) and
single-input-multiple-output (SIMO) cases. The SUI channel structure is the same for the
primary and interfering signals. Multipath fading is modeled for each channel as a
tapped-delay line with three taps with non-uniform delays. A distribution (Ricean with a
K-factor > 0 or Rayleigh with K-factor = 0) and the maximum Doppler frequency

characterizes the gain associated with each tap [8].

Using the general structure from Figure 22 and assuming the scenario from Table

4, we simulated a set of six SUI channels, which are representative of real-world

channels.
Table 4.  Scenario for SUI channel models. From [8].
Cell size 7 km
BTS Antenna Height 30m
Receive Antenna Height 6 m
BTS Antenna beam Width 120°
Receive Antenna Beam Width Ommni directional (360°) and 30°,
Vertical Polarization Only
90% cell coverage with 99.9% reliability at each location
covered.
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1. SUI-3 Channel Implementation

For this part of the thesis, we selected a SUI-3 omni antenna channel based on [6]

and tested the OFDM signal based on the 802.16 algorithm.

In Figure 23, a snapshot of the SUI-3 channel frequency response is shown.

Figure 23.  Snapshot of the SUI-3 channel frequency response used for the simulation.

As previously, we initially identify the optimal threshold value by simulation. In

Figure 24, results obtained for SNRs of 14 dB, 20 dB and 26 dB are illustrated. Results

show that the optimal threshold value is around 6 dB. Further simulations showed the
best SER value is obtained when the threshold is between 4 dB and 8 dB. Thus, we used

a threshold of 6 dB in this set of simulations.
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Figure 24.  QPSK symbol error rates for SNR values of 14 dB, 20 dB and 26 dB and
threshold values for a range between 2 dB to 7 dB.
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Figure 25. Comparison of the IEEE 802.16 standard QPSK SER with a standard
OFDM receiver algorithm and optimal estimation (based on the Kalman
filter) OFDM receiver algorithm for different cases of PAPR clipping for a
SUI-3 channel.
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Next, we tested the optimal estimation algorithm and compared it with the
standard OFDM receiver algorithm for various PAPR clipping conditions. The results of

these simulations are shown in Figure 25.

The performance of the standard algorithm (dashed line) is compared with that of
the proposed algorithm (solid line) in terms of symbol error rate versus SNR for different

values of PAPR in dB. The values chosen are again 5 dB, 6 dB and 7 dB. Results show

that the proposed Kalman-based optimal algorithm overall performs better than the

standard OFDM receiver algorithm for every condition considered.

2. Non-Line-of-Sight Condition Implementation

The SUI-3 channel implemented has some LOS characteristics and low spread, as
we can see from Table 3. To test the efficiency of the optimal estimation algorithm, we
modified the SUI-3 channel in this phase by changing the K-factor in order to generate a
NOLOS fading channel. This modification did not affect the quality of the results of our
simulations. This simulation is an introduction to SUI-4, SUI-5 and SUI-6 channel testing

for which the optimal estimation algorithm has to be modified further.

The testing conditions and parameters were the same as those selected for the

SUI-3 channel case.

A snapshot of the modified SUI-3 channel is illustrated in Figure 26.
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Figure 26.  Snapshot of the modified SUI-3 channel frequency response used for the
simulation.

After identifying the optimal threshold value, which was about 6 dB, we tested

the standard OFDM receiver algorithm and the optimal estimation algorithm for various

PAPR clipping conditions. Simulation results are shown in Figure 27.
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Figure 27. Comparison of the IEEE 802.16 standard QPSK SER with a standard
OFDM receiver algorithm and optimal estimation (based on the Kalman
filter) OFDM receiver algorithm for different cases of PAPR clipping for a
modified SUI-3 channel.

In this final set of simulations, the standard algorithm (dashed line) and the
proposed algorithm (solid line) performances are compared in terms of symbol error rate
versus SNR value for different PAPR values expressed in dB. As previously, results
show error rates increase with increased clipping levels. Results also show that the
proposed optimal algorithm overall has better performances than those obtained with

receivers which do not use the proposed algorithm.
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VI. CONCLUSIONS

The goal of this thesis was to study the null estimation method proposed in [1]
and take it one step further. We proposed the optimal Kalman-based estimation method
and implemented the scheme using the OFDM symbol architecture based on the 802.11a
IEEE standard. Next, we extended the study to OFDM symbol architecture based on the
802.16 IEEE standard and real world application SUI-3 channel types.

A SUMMARY

Research results derived in this thesis show that the CP can be replaced with zeros
and that this technique gives the received signal a particular structure that can be used to
recover the data associated with faded subcarriers. We assumed full knowledge of the
noisy deep-fading channel and selected two types of OFDM signals, which were studied
for various channel conditions in order to detect the optimal threshold and for different
clipping values in order to reduce the PAPR effect. Results were compared to those

obtained with standard pilot based techniques.
B. SIGNIFICANT RESULTS

The optimal estimation method considered in this work is based on the Kalman
filter. The algorithm implemented appeared to be very robust and performed very well.
Simulations using an OFDM signal based on IEEE standards 802.11a and 802.16 showed
that the optimal estimation algorithm performed better than the standard OFDM receiver

algorithm for various SNR conditions.

The optimal estimation method relies on the definition of a threshold in the
frequency spectrum of the received signal, which separates subcarriers with high SNR
from faded subcarriers with low SNR. Results showed that the SER varies when different
threshold values are selected. Hence, the best SER can be obtained with the appropriate
threshold, which is dependent on the SNR.
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The algorithm was easily modified to accommodate and deal with the problem of
PAPR that OFDM introduces. During the simulations, we used different values of

clipping, and the results showed that the optimal estimation performed very well.

C. NECESSITY FOR DATA RECOVERY IN MARITIME OPERATIONAL
APPLICATIONS

This modification of the OFDM structure makes it robust in difficult
environments where there is no LOS and the channel has considerable fading. Such a
scenario may occur with small boats or deployed troops on the ground communicating
with each other in the presence of hills and NOLOS. In addition, this modification could
be of interest in underwater acoustic data communications where one deals with sea

bottom and surface reverberations and reflection effects [9].
D. RECOMMENDATIONS FOR FUTURE WORK

There are numerous areas available for future work with this thesis. First of all,
instead of using ZP for CP, the algorithm can be used with a random prefix sequence that

enables synchronization between transmitter and receiver.

Secondly, the MATLAB algorithm implemented in this work is generic and can
accommodate different types of OFDM signals, thereby extending the range of

applications.

Thirdly, the algorithm can be modified for different channel models, such as Hata,

Walfish-Ikegami or Erceg models, which are commonly used.

Fourth, a potential channel estimation algorithm can be implemented, based on
the optimal estimation method using the Kalman filter, and performance can be tested for

various conditions.
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